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Claim Rejections - 35 USC § 103 

1. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

2. Claims 1-5, 7-21, 23-38 and 40-45 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Bergstrom et al. (USPN 5,809,459), hereinafter referenced as 
Bergstrom in view of Kaajas et al. (PGPUB 2004/0138874), hereinafter referenced as 
Kaajas. 

Regarding claims 1 and 17, Bergstom discloses a method and apparatus of 
processing speech comprising: 

obtaining an input speech signal (input speech; column 3, line 63 - column 4, line 

24); 

processing said voiced portion of said input speech to obtain a first set of 
parameters using analysis by synthesis approach (analysis and synthesis processor; 
column 3, line 63 - column 4, line 24); and 

processing said noise portion of said input speech to obtain a second set of 
parameters using open loop approach (open loop; column 12, lines 5-22), but does not 
specifically teach decomposing said input speech into a voiced portion and a noise 
portion using an adaptive separation component. 
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Kaajas teaches audio signal processing using CELP comprising decomposing 
said input speech into a voiced portion and a noise portion using an adaptive separation 
component (separate voiced/unvoiced; columns 1-2, paragraphs 0019-0022), to 
increase the coding gain. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Bergstom's method and apparatus wherein it 
decomposes said input speech into a voiced portion and a noise portion using an 
adaptive separation component, as taught by Kaajas, to increase the coding gain which 
enhances spatial processing (column 1, paragraphs 0012-0013). 

Regarding claims 2 and 18, Bergstrom in view of Kaajas disclose everything as 
claimed in claims 1 and 17. In addition Kaajas discloses a method and apparatus 
wherein said input speech signal excludes background noise (columns 1-2, paragraphs 
0019-0022). 

Regarding claims 3 and 19, Bergstrom discloses a method and apparatus 
wherein said separation component is a lowpass filter (lowpass filter; column 6, lines 
29-66). 

Regarding claims 4 and 20, Bergstrom discloses a method and apparatus, 
wherein bandwidth of said lowpass filter is dependent upon a characteristic of said input 
speech (lowpass filter; column 6, lines 29-66). 

Regarding claims 5 and 21, Bergstrom discloses a method and apparatus 
wherein said characteristic of said input speech is pitch correlation (pitch; column 6, 
lines 29-66). 
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Regarding claims 7 and 23, Bergstrom in view of Kaajas disclose everything as 
claimed in claims 1 and 17. In addition Kaajas discloses a method and apparatus 
wherein said analysis by synthesis approach is a Code Excited Linear Prediction 
(CELP) process (columns 1—2, paragraphs 0019-0022).. 

Regarding claims 8, 24, 34 and 41, Bergstrom discloses a method and 
apparatus wherein said first set of parameters comprises pitch of said voiced portion of 
said input speech (pitch; column 6, lines 29-66). 

Regarding claims 9, 25, 35 and 42, Bergstrom discloses a method and 
apparatus wherein said first set of parameters comprises excitation of said voiced 
portion of said input speech (excitation; column 6, lines 29-66 and column 8, lines 19- 
26). 

Regarding claims 10, 26, 36 and 43, Bergstrom discloses a method and 
apparatus wherein said first set of parameters comprises energy of said voiced portion 
of said input speech (energy; column 8, lines 19-26). 

Regarding claims 11, 27, 37 and 44, Bergstrom discloses a method and 
apparatus wherein said second set of parameters comprises characteristics of a voicing 
index of said input speech (index; column 6, lines 29-66 and column 7, lines 22-53). 

Regarding claims 12 and 28, Bergstrom discloses a method and apparatus 
further comprising: 

transmitting information regarding said first set of parameters to said decoder 
device (decoding device; column 4, lines 14-24). 
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Regarding claims 13 and 29, Bergstrom discloses a method and apparatus 
wherein said decoder device uses said information regarding said first set of parameters 
to synthesize said voiced portion of said input speech (synthesized speech; column 4, 
lines 6-13). 

Regarding claims 14 and 30, Bergstrom discloses a method and apparatus 
further comprising: 

transmitting information regarding said second set of parameters to said decoder 
device (decoding device; column 4, lines 14-24). 

Regarding claims 15 and 31, Bergstrom discloses a method and apparatus 
wherein said decoder device uses said information regarding said second set of 
parameters to synthesize said noise portion of said input speech (synthesized speech; 
column 4, lines 6-13). 

Regarding claims 16 and 32, Bergstrom discloses a method and apparatus 
further comprising: 

transmitting a voicing index to said decoder device for synthesizing said input 
speech (synthesized speech; column 4, lines 6-13 with column 6, lines 29-66 and 
column 7, lines 22-53). 

Regarding claims 33 and 40, Bergstrom discloses an apparatus and method for 
synthesizing speech comprising: 

a first module for obtaining a first set of parameters regarding a voiced portion of 
an input speech signal (input speech; column 3, line 63 - column 4, line 24); 
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a second module for obtaining a second set of parameters regarding a noise 
portion of said input speech signal (noise; column 20, lines 1-33); 

a third module for synthesizing said voiced portion of said input speech signal 
from said first set of parameters approach (analysis and synthesis processor; column 3, 
line 63 - column 4, line 24); 

a fourth module for synthesizing said noise portion of said input speech signal 
from said second set of parameters (noise; column 20, lines 1-33; and 

a fifth module for combining said synthesized voiced portion and said 
synthesized noise portion to produce a synthesized version of said input speech 
(synthesize; column 4, lines 6-24), but does not specifically teach decomposing said 
input speech into a voiced portion and a noise portion using an adaptive separation 
component. 

Kaajas teaches audio signal processing using CELP comprising decomposing 
said input speech into a voiced portion and a noise portion using an adaptive separation 
component (separate voiced/unvoiced; columns 1-2, paragraphs 0019-0022), to 
increase the coding gain. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Bergstom's method and apparatus wherein it 
decomposes said input speech into a voiced portion and a noise portion using an 
adaptive separation component, as taught by Kaajas, to increase the coding gain which 
enhances spatial processing (column 1, paragraphs 0012-0013). 
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Regarding claims 38 and 45, it is interpreted and rejected for the same reasons 
as set forth in claims 1 and 17 above, in addition, Bergstrom discloses an apparatus 
and method wherein said second set parameters comprises characteristics of a lowpass 
filter used for separating said voiced portion (voiced) and said noise portion of said input 
speech at source of said noise portion (unvoiced; columns 1-2, paragraphs 0019-0022). 

3. Claims 6, 22, 39, 46-48 and 50-51 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Bergstrom in view of Kaajas and in further view of Kingsbury et al. 
(USPN 6,308,155), hereinafter referenced as Kingsbury. 

Regarding claims 6 and 22, Bergstrom in view of Kaajas discloses a method 
and apparatus for processing speech, but does not specifically teach wherein said 
characteristic of said input speech is gender of a person uttering said input speech. 

Kingsbury teaches a speech processing method and apparatus wherein said 
characteristic of said input speech is gender of a person uttering said input speech 
(gender; column 3, lines 30-47), to capture linguistic content. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Bergstrom in view of Kaajas' method and 
apparatus wherein said characteristic of said input speech is gender of a person uttering 
said input speech, as taught by Kingsbury, to optimize and improve the overall 
performance of the recognizer (column 3, lines 30-47). 
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Regarding claims 39 and 46, Bergstrom in view of Kaajas discloses a method 
and apparatus for processing speech, but does not specifically wherein said 
synthesized noise portion is estimated. 

Kingsbury teaches a speech processing method and apparatus wherein said 
synthesized noise portion is estimated (estimate; column 8, lines 39-57), to improve 
overall performance. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Bergstrom in view of Kaajas' method and 
apparatus wherein said synthesized noise portion is estimated, as taught by Kingsbury, 
to optimize the performance by reducing the error rate of automatic speech recognizers 
under degraded acoustic conditions (column 2, lines 45-57). 

Regarding claims 47 and 50 Bergstrom in view of Kaajas discloses a method* 
and apparatus for processing speech, but does not specifically a method and apparatus 
further comprising transmitting a voicing index to a decoder, wherein said voicing index 
provides filter cut-off frequency for signal decomposition. 

Kingsbury teaches a speech processing method and apparatus further 
comprising transmitting a voicing index to a decoder, wherein said voicing index 
provides filter cut-off frequency for signal decomposition (column 2, lines 3-14), to 
improve overall performance. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Bergstrom in view of Kaajas' method and 
apparatus wherein it further comprises transmitting a voicing index to a decoder, 
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wherein said voicing index provides filter cut-off frequency for signal decomposition, as 
taught by Kingsbury, to optimize the performance by reducing the error rate of 
automatic speech recognizers under degraded acoustic conditions (column 2, lines 45- 
57). 

Regarding claims 48 and 51, Bergstrom in view of Kaajas discloses a method 
and apparatus for processing speech, but does not specifically a method and apparatus 
wherein said filter cut-off frequency is communicated to said decoder using a plurality of 
bits in said voicing index to indication to said decoder which filter to use for said signal 
decomposition. 

Kingsbury teaches a speech processing method and apparatus wherein said 
filter cut-off frequency is communicated to said decoder using a plurality of bits in said 
voicing index to indication to said decoder which filter to use for said signal 
decomposition (column 2, lines 3-14), to improve overall performance. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Bergstrom in view of Kaajas' method and 
apparatus wherein said filter cut-off frequency is communicated to said decoder using a 
plurality of bits in said voicing index to indication to said decoder which filter to use for 
said signal decomposition, as taught by Kingsbury, to optimize the performance by 
reducing the error rate of automatic speech recognizers under degraded acoustic 
conditions (column 2, lines 45-57). 
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4. Claims 49 and 52 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over Bergstrom in view of Kaajas and Kingsbury, and in further view of Li et al. (PGPUB 
2007/0110042), hereinafter referenced as Li. 

Regarding claims 49 and 52, Bergstrom in view of Kaajas and Kingsbury 
disclose a method and apparatus for processing speech, but does not specifically teach 
wherein said voicing index defines a plurality of low pass filters. 

Li discloses a speech processing method and apparatus wherein said voicing 
index defines a plurality of low pass filters (column 22, paragraphs 0250-0251 with 
column 27, paragraphs 0280-0281), to optimize the performance. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Bergstrom in view of Kaajas and Kingsbury's 
method and apparatus wherein said voicing index defines a plurality of low pass filters, 
as taught by Li, to multiply the down-sampled signal by cosine and sine, which 
optimizes the performance (column 22, paragraphs 0250-0251). 

Conclusion 

5. The prior art made of record and not relied upon is considered pertinent to 
applicant's disclosure. 

• Adut (USPN 6,985,857) discloses a method and apparatus for speech coding 
using training and quantizing. 
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• Paetzold et al. (USPN 6,940,454) disclose a method and system for generating 
facial animation values based on a combination of visual and audio information. 

• Su et al. (USPN 6,014,622) disclose a low bit rate speech coder using adaptive 
open-loop subframe pitch lag estimation and vector quantization. 

• Chen et al. (USPN 5,884,010) disclose linear prediction coefficient generation 
during frame erasure or packet loss. 

6. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Jakieda R. Jackson whose telephone number is 571- 
272-7619. The examiner can normally be reached on Monday, Tuesday and Thursday 
7:30 a.m. to 5:00p.m. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, David Hudspeth can be reached on 571-272-7843. The fax phone number 
for the organization where this application or proceeding is assigned is 571-273-8300. 
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Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). If you would like assistance from a 
USPTO Customer Service Representative or access to the automated information 
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 

JRJ . 
June 12,2007 
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